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BACKGROUND OF THE INVENTION 
1 . Field Of The Invention 

This invention relates to the field of electronic 
filters and amplifiers for electroacoustic systems such as 
5 hearing aids, and more particularly to methods and devices 
for correction and clinical testing of hearing impairment. 



2 . Description Of The Related Art 

The need for improved hearing aids and audiological 
10 fitting procedures is widely attested to by research efforts 
worldwide. It has been said that over 28 million Americans 
have hearing impairments severe enough to cause a 
communications handicap. While hearing aids are the best 
treatment for most of these people, only about 5 million 
15 actually own hearing aids, and fewer than 2 millions are 
sold annually. In addition, less than 60% of hearing aid 
owners are actually satisfied with their hearing aids. 

Hearing impairment is most commonly expressed as a 
loss of sensitivity to weak sounds, while intense sounds can 
20 be as loud and uncomfortable as in normal hearing. State- 
of-the-art hearing aids treat this phenomenon of "loudness 
recruitment" (or loss of dynamic range) with sound 
amplification that automatically decreases with sound 
amplitude. This technique, known as "wide dynamic range 
25 compression" (WDRC) , compresses the range of normally 

experienced sound amplitudes to the smaller range required 
by the impaired ear. Loudness recruitment is the basic 
audiological problem addressed by modern hearing aids. 
Broad agreement exists that the most general and 
30 potentially successful design is a multi-channel compressive 
hearing aid that addresses the compression needs of each 
band of audible frequencies. Sharp disagreement exists, 
however, whether the dynamic range compression should be 
rapid or slowly adapting (Villchur, E., Signal processing to 
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improve speech intelligibility in perceptive deafness, J. 
Acoust. Soc. Am. 53, 1646-1657 (1973); Plomp, R., The 
negative effect of amplitude compression in multichannel 
hearing aids in the light of the modulation-transfer 
function, J. Acoust. Soc. Am. 83, 2322-2327 (1988); Plomp, 
R., Noise, amplification, and compression: consideration of 

three main issues in hearing aid design, Ear and Hearing 15, 

2-21 (1994) . 

Thus, the best engineering approach to compression has 
been uncertain. Rapid compression amplifiers protect the 
ear from uncomfortable changes in loudness, but nonlinearly 
distort the sound waveform. Slowly adapting compression 
avoids distortion, but allows some loudness discomfort. 
Resolving these competing interests have plagued previous 
efforts to develop suitable hearing aids employing wide 
dynamic range compression (WDRC) . 

Recent advances in hearing aid development have been 
largely driven by availability of inexpensive miniaturized 
electronic analog and digital signal processors. The 
classical audiological problem of loudness recruitment, 
which older hearing aids solved with a manual volume 
control, is now solved with sound compression systems that 
automatically provide greater amplification for weak than 
for intense sounds. A recent comprehensive and 
authoritative review found that (1) "for speech in quiet at 
a comfortable level, no compression system yet tested offers 
better intelligibility than individually selected linear 
amplification" (i.e., manual volume control), and (2) "in 
broadband noise, only one system, containing wideband 
compression followed by fast acting high-frequency 
compression, has so far been shown to provide significant 
intelligibility advantages." (See Dillon, H., Compression? 
Yes, but for low or high frequencies, for low or high 
intensities, and with what response times?, Ear and Hearing 
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17, 287-307 (1996) [comments by Villchur, and reply by 
Dillon, 1997, in Ear and Hearing, 18:169-173]). 

The technology that has dominated public hearing aid 
research is linear amplification with sound level dependent 
gains that are adjusted either manually or automatically to 
provide the desired wide dynamic range compression (WDRC) . 
The use of linear amplifiers has been the dominant 
compression technology for hearing aids, be they analog or 
digital, single or multiple channel (see Levitt, H., 
Pickett, J.M., and Houde, R.A., Sensory Aids for the Hearing 
Impaired, IEEE Press, NY. (1980); Goldstein, J.L., Valente, 
M., Chamberlain, R., Acoustic and psychoacoustic benefits of 
h adaptive compression thresholds in hearing aid amplifiers 

9 that mimic cochlear function, J. Acoust. Soc. Am. vol. 109, 



in 



10 



15 p. 2355 (2001)) 



Villchur 's above-cited 1973 article proposes the use 
Q of adaptive linear compression to reduce the dynamic range 

f3 of the fine structure of speech signals with greater 

i" amplification of weak than strong syllables. To achieve 

M 20 this result, the adaptive linear compression system 
p disclosed by Villchur must use short release times. 

However, the use of short release times is less than 
desirable, because it causes excessive amplification of 
unwanted ambient sounds during normal pauses in speech. 
25 Dillon's above-cited article also reviews the use of 

linear amplifiers to implement a WDRC system. In these 
systems, the "compression threshold" is the input sound 
level above which the gain of the linear amplifier is 
adapted to reduced linear gains. 
30 An innovative design by Engebretson and Morley (See 

Engebretson, A.M., Morley, R.E., and Popelka, G.R., 
Development of an ear-level digital hearing aid and computer 
assisted fitting procedure, J. Rehab. Res. Devel., 24 (4), 
55-64 (1987); U.S. Patent No. 5,357,251 issued to Morley et 
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al.) was an adaptive linear WDRC digital amplifier with four 
channels partitioning the audio frequency range of 375 Hz- 
6000 Hz into four octave bands. In this design, each 
channel is configured to provide maximum corrective gain for 
5 low amplitude signals. The corrective gain is reduced at 
larger amplitudes by adaptive linear amplification. The 
BPNL transducers are linear with symmetrical hard limiting, 
i.e., T(x)=-T(-x) (defined as "odd symmetry"), which 
prevents even-order harmonics and intermodulation tones from 
10 being generated by limiting. The second filter in each 

channel reduces the odd-order distortion that is caused by 
Q the limiting. Considerable engineering sophistication was 

'^i applied to the implementation of this design into a 

|y programmable, in-the-ear, practical digital hearing axd. 

f2 15 In common with other compressive hearing aids, the 

Engebretson and Morley design implements adaptive linear 
WDRC amplification of sounds using linear amplifiers. 
However, the normal cochlea employs essentially non-linear 
compressive sound amplification, which is degraded by 
W 20 sensorineural impairment to a linear residual response, 
li Basic cochlear research has generated a rich body of 

experimental data on non-linear phenomenology whose salient 
features and interrelations have been described with 
mathematical models. (See Goldstein, J.L., Modeling rapid 
25 compression on the basilar membrane as multiple-bandpass 
nonllnearlty filtering, Hear. Res. 49, 39-60 (1990); 
Goldstein, J.L., Exploring new principles of cochlear 
operation: bandpass filtering by the organ of Cortl and 
addltl^re amplification by the basilar membrane. In Duifhuis, 
30 H., Horst, J.W., van Dijk, P. and van Netten, S.M., Eds. 
Biophysics of Hair Cell Sensory Mechanisms. World 
Scientific, Singapore, pp. 315-322 (1993); Goldstein, J.L., 
Relations among compression^ suppression, and combination 
tones In mechanical responses of the basilar membrane: data 
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and MB PNL model, Hear. Res. 89, 52-68 (1995). The inventor 
herein has determined from these models that there is a need 
to depart from the conventional design implementing WDRC 
amplification with linear amplifiers. 
5 The parent application (U.S. Patent Application Serial 

No. 09/158,411 filed September 22, 1998, the entire 
disclosure of which is incorporated by reference) discloses 
how the models may be used to: (1) specify the shape of 
quiescent compression characteristic to approximately 
10 restore the normal cochlear best frequency response; (2) 
implement compression rapidly with instantaneously 
p responding, memoryless compressive transducers derived from 

'? cochlear models; and (3) enhance the properties of 

iy instantaneous compression by adopting the cochlear strategy 

}fl 15 of non-linearly mixing linear and compressive responses. 
& The parent invention improved on the Engebretson and Morley 

1°* design by employing at least one variable gain channel 

P comprising a linear transmission path of constant gain, a 

compressive transmission path of higher gain than the linear 
W 20 transmission path, and a non-linear adder combining the 
K outputs of the linear in the compressive transmission paths, 

wherein the variable gain channel is configured to provide 
relatively higher gain at low levels, rapid gain compression 
at intermediate levels converging to linear gain at high 
25 signal levels, and slow AGC control of the compressive gain. 
The invention disclosed in the parent application, 
among other things, provides two types of enhancements over 
conventional linear WDRC models: (1) restoration of 
waveform modulation lost in rapid compression, and (2) 
30 reduction in amplification of unwanted background noise in 
the presence of more intense desired signals. 

In subsequent research, it was discovered by the 
inventor herein that both enhancement goals can be achieved 
by adapting the compression thresholds of the memoryless 
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compressive non-linear transducers. (See Goldstein, J.L., 
Valente, M,, Chamberlain, R., Gilchrist, P., and Ivanovich, 
D., Pilot experiments with a simulated hearing aid based on 
models of cochlear compression, IHCON 2000, Lake Tahoe, CA 
5 (2000); and the above-cited 2001 article by J. Goldstein) 

This adaptation is functionally similar to modifications in 
the normal cochlear response produced by "tail suppression" 
(for a fuller understanding of "tail suppression", see 
Kiang, N.Y.S. and Moxon, E.G., Tails of tuning curves of 
10 auditory-nerve fibers, J. Acoust. Soc. Am. 55, 620-630 

(1974); Abbas, P.J. and Sachs, M.B., Two-tone suppression in 
auditory-nerve fibers: Extension of stimulus response 
relationship, J. Acoust. Soc. Am. 59, 112-122 (1976); 
Duifhuis, H., Level effects in psychophysical two-tone 
15 suppression, J. Acoust. Soc. Am. 67, 914-927 (1980); 
Ruggero, M.A., Robles, L. and Rich, N.C., Two-tone 
suppression in the basilar membrane of the cochlea: 
Mechanical basis of auditory-nerve rate suppression, J. 
Neurophys. 68, 1087-1099 (1992); and efferent mechanical 
control (for a fuller understanding of efferent mechanical 
control, see Mountain, D.C., Changes in endolymphatic 
potential and crossed olivocochlear stimulation alter 
cochlear mechanics, Science 210, 71-72 (1980); Gifford, 
M.L., and Guinan, J.J., Effects of crossed-olivocochlear- 
bundle stimulation on cat auditory nerve fiber responses to 
tones, J. Acoust. Soc. Am. 74, 115-123 (1983); Murugasu, E., 
and Russell, I.J., The effect of efferent stimulation on 
basilar membrane displacement in the basal turn of the 
guinea pig cochlea, J. Neurosci. 16, 325-332 (1996) . 

Studies by the inventor have shown that when 
processing clean speech (speech in a relatively quiet 
environment having little or no unwanted background noise), 
the compression threshold can be maintained at a 
predetermined quiescent level with the result being little 
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or no degradation in sound quality. This result generally 
holds true when the compression threshold is between a range 
of the predetermined quiescent level and about 20 decibels 
below the average sound of the received sound signal. 

However, when that same speech is processed by the 
hearing amplification device in a relatively noisy 
environment, the sound quality of the amplified sound signal 
(now containing the speech plus background noise) resulting 
from the static predetermined quiescent compression 
threshold is less than optimal due to overamplif ication of 
the background noise. In other words, the signal-to-noise 
ratio (SNR) of the sound signal is degraded by the 
amplifier. 

The inventor herein has found that by adjusting the 
compression threshold from its quiescent level to a range 
between about 5 decibels below and about 5 decibels above 
the average sound level of the received sound signal, 
overamplification of unwanted background noise in the sound 
signal can be reduced while still maintaining appropriate 
amplification of the desired speech. 

Therefore, by adapting the compression threshold of 
the linear-to-compressive gain characteristic, the present 
invention provides an elegantly simple implementation for 
enhancing rapid and instantaneous compressive amplification 
that mimics useful cochlear function while avoiding its 
complex structure. 

SUMMARY OF THE INVENTION 
Accordingly, provided herein is an improvement for a 
hearing amplification device adapted to receive a sound 
signal and having at least one channel configured to receive 
an input representative of the sound signal, the improvement 
comprising at least one channel being configured to provide 
(1) linear gain for an input representative of a portion of 
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the sound signal having a sound level less than a 
compression threshold, (2) rapid compressive gain for an 
input representative of a portion of the sound signal having 
a sound level greater than said compression threshold, 
5 wherein the rapid compressive gain is less than the linear 
gain, and (3) adaptive control of the compression threshold. 

Preferably, the rapid compressive gain is implemented 
as instantaneous compressive gain. When the compressive 
gain is said to be instantaneous, what is meant is that the 
10 input/output relationship is number in/number out; 

essentially, Ythe compression is memoryless in that the 
output does not depend upon previous inputs^ Rapid 
compression refers to compression where there is a 
W negligible delay such as through capacitor charging, but the 

15 delay is shorter than the reciprocal of the bandwidth of the 
sound signal processed by the device. 

Adaptive control of the compression threshold can be 
W implemented with a compression threshold controller. This 

ry compression threshold controller, when coupled to a 

transducer having the above-described linear-to-compressive 
gain characteristic, can adjust the compression threshold as 
needed. 

For example, the compression threshold can be adjusted 
at least partially in response to changes in the sound 
signal received by the hearing amplification device. Also, 
the compression threshold can be adjusted in response to a 
user input. In certain situations, it may be desirable to 
either not adjust the compression threshold (either hold it 
at its predetermined quiescent level or fix it at its 
current level) . For example, when a user is listening to a 
sound signal in a noise-free environment (wherein a static 
compression threshold will still provide acceptable 
results), no adjustments may need to be made. The same 
situation may also exist when a user wishes to listen to 
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background noise rather than the dominant speech signal 
components of the sound signal. 

Thus, the compression threshold controller can be 
implemented with at least two operating modes: (1) a first 
5 operating mode providing no adjustments to the compression 
threshold (meaning that the compression threshold remains 
fixed at its predetermined quiescent level), and (2) a 
second operating mode providing adjustments of the 
compression threshold at least partially in response to 
10 changes in the sound signal. By switching between the 
operating modes, the hearing amplification device can 
provide optimal performance in both quiet and noisy 
environments- The switching between operating modes can be 
performed in response to a user input (such as a manual 
15 switch) or can be done automatically in response to 

detection of various characteristics of the received sound 
signal (i.e. the amount of background noise present). 

Also, it is preferable that the compression threshold 
controller further have a third operating mode to which it 
20 may be switched, wherein the compression threshold is fixed 
at its current level. This mode may be desirable when a 
user finds that the hearing amplification device is 
currently providing satisfactory results and wants to ensure 
that the hearing amplification device stays in that state 
25 for an extended period of time. The third operating mode 
(or the first operating mode in a manually-switched 
compression threshold controller) may also be desirable when 
a user wants to listen to the background noise rather than 
the dominant speech signal. For example, in a noisy setting 
30 such as a cocktail party, the user of the hearing 
amplification device may wish to listen in on side 
conversations rather than a main conversation. To do so, 
the user can maintain the compression threshold at its 
quiescent level (via the first operating mode) or at a fixed 
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level near the quiescent level (via the third operating 
mode) to thereby cause high amplification of background 
noise relative to the dominant speech signal. 

As explained above, the inventor has found that when a 
5 user is in a noisy environment, optimal results can be 

achieved by adjusting the compression threshold to be within 
a range of about 5 decibels below the average sound level of 
the sound signal to about 5 decibels above that average 
sound level. The average sound level of at least a portion 
10 of the received sound signal can be estimated through a 

variety of methods. In one preferable method, the inventor 
herein has found experimentally that speech signals tend to 
have a 7:1 correlation between peak value and RMS level. 
Thus, by determining a peak value for at least a portion of 
15 the sound signal, the average sound level can be estimated 
by dividing the peak value by 7. 

Also, it is preferable that the linear-to-compressive 
gain characteristic further provide a constant gain 
(preferably at or around unity gain) for an input 
20 representative of a portion of the sound signal having a 

sound level greater than a decompression threshold (thereby 
making the gain characteristic a linear-to-compressive-to- 
unity gain characteristic) . The compressive gain will 
converge to the constant gain for increasing sound levels, 
25 and the decompression threshold will be greater than the 

compression threshold. The decompression threshold is the 
breakpoint between compressive gain and unity gain in terms 
of the sound level of the received sound signal. Providing 
constant gain at or around unity for relatively loud sound 
30 signals allows the hearing amplification device to mimic the 
hearing characteristic of most normal hearing persons, 
wherein loudness recruitment is experienced at high sound 
levels, typically above 90 dB SPL. As the preference of 
hearing impaired individuals for normal loudness recruitment 
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is unknown, a user option is provided for compressive 
amplification without the decompression. 

Additionally, to improve the hearing comfort of a user 
of the present invention, the gain characteristic can 
further provide attenuation for an input representative of a 
portion of the sound signal having a sound level greater 
than an attenuation threshold, wherein the attenuation 
threshold is greater than the decompression threshold. 
Preferably, the attenuation threshold is set to match the 
sound level of uncomfortably loud sound signals (typically 
100-110 dB SPL) . Thus, when an uncomfortably loud sound 
signal is received by the hearing amplification device, that 
sound signal will be attenuated before being passed on to 
the user, thereby improving the comfort provided by the 
present invention. 

Furthermore, the inventor has discovered that by 
providing a smooth transition between the linear gain region 
and the compressive gain region, the intelligibility of the 
resultant amplified sound signal is greatly improved. 
Testing conducted by the inventor has shown that when a 
sharp transition is provided between linear and compressive 
gain, intelligibility of the resultant amplified sound 
signal decreases by about 20% from intelligibility when a 
smooth transition is provided. However, due to the 
increased complexity that may be involved in some 
implementations of a smooth transition between linear and 
compressive gains, a sharp transition may be desirable in 
some situations, for example, for teaching purposes. 
Transducers with sharp transitions are convenient 
engineering representations of transducers, whether they be 
implemented with smooth or sharp transitions. 

It is preferable that the hearing amplification device 
be implemented with a plurality of the above-described 
channels, each of which being responsive to a different 
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audio frequency range. The compression threshold of each 
channel can be independently set and independently 
controlled. That is to say, each channel may or may not 
have the same predetermined quiescent compression threshold. 
5 Also, each channel may adjust its compression threshold 

differently in response to the control signal received from 
the compression threshold controller. 

The present invention can be implemented using either 
analog or digital components- A preferable implementation 
10 is in a digital signal processor (and even more preferably, 
a multirate digital signal processor) . 

Adjustments of the compression threshold in response 
to changes in the sound signal can be carried out with an 
S algorithm wherein the compression threshold is (1) instantly 

15 increased in response to an increase in the peak value of 
successive sound signals, (2) maintained at its current 
value in response to minor fluctuations in the peak value of 
*9 successive sound signals, and (3) decreased in response to 

y continuous drops in the peak value of successive sound 

P 20 signals. Preferably, compression threshold reductions are 
carried out with slow release times so that the compression 
threshold is not prematurely dropped to a low level wherein 
background noise will be overamplif led during the brief 
pauses that exist during normal speech. 
25 Also provided herein is a method of diagnosing an 

extent and form of hearing impairment, the method 
comprising: (a) determining an amount of low level gain Gi 
needed by a patient for sound signals having a low sound 
level; (b) selecting a compression power p; (c) adjusting a 
30 hearing amplifier device to provide the determined low level 
gain Gi and selected compression power p, the hearing 
amplification device being configured to process an input 
signal representative of a sound signal according to a gain 
characteristic, the gain characteristic defined by (1) 



a 



37807 .doc 



10 



14 

linear gain for inputs representative of a sound signal 
having a sound level less than a compression threshold, (2) 
rapid compressive gain for inputs representative of a sound 
signal having a sound level greater than a compression 
threshold; (d) presenting sound signals at an input of the 
hearing amplification device; (e) providing to the patient 
an output from the hearing amplification device that is 
generated from the presented sound signal; (f) adjusting the 
values of the low level gain Gi, the compression power p, 
and the compression threshold until the patient communicates 
that he or she has perceived satisfactory results, 
p Also, the present invention of adaptive compression 

thresholds, which enhances the performance of instantaneous 
[y compressive amplifiers, can be exploited as well for 

IP 15 adaptive linear systems. By adapting the quiescent 
i* threshold with relatively long release times, the WDRC 

system can focus more responsively on a reduced compressive 
P range . 

These and other features and advantages of the present 
W 20 invention will be in part apparent and in part pointed out 
hereinafter . 



BRIEF DESCRIPTION OF THE DRAWINGS 
Fig. 1 is a simplified block diagram of a cochlear- 
25 based paradigm for hearing aid amplification in accordance 
with the present invention illustrating the effects of 
instantaneous wide dynamic range compression and adaptively 
controlled compression thresholds for speech waveforms; 

Fig. 2 is a block diagram of a multiple-band-pass-non- 
30 linearity (MBPNL) cochlear filter bank hearing model; 

Fig. 3 is a block diagram of a multiple-feedback-band- 
pass-non-linearity (MFBPNL) cochlear filter bank hearing 
model ; 
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Fig. 4. is an illustration of a family of tuned best- 
frequency cochlear mechanical responses; 

Fig. 5 is a drawing showing the required nonlinear 
gain corrections for both the mildly impaired cochlea and 
5 the moderately impaired cochlea of Fig. 4; 

Fig. 6 is a graph showing representative members of a 
preferred family of amplifier responses; 

Fig. 7 is graph showing the effects of compression 
threshold adjustments relative to the RMS level of the 
10 received sound signal on the RMS amplifier gain; 

Fig. 8 is a graph showing the effects of compression 
13 threshold adjustments relative to the RMS level of the 

'^S received sound signal on the contrast in the amplifier 

W responses for speech plus babble-noise and for babble-noise 

15 alone; 

U Fig. 9 is a graph showing the effects of compression 

l"^ threshold adjustments relative to the RMS level of the 

O received sound signal on the peak factor of the amplifier 

CQ 

ry response for speech plus babble-noise; 

W 20 Fig. 10 is a gain specification for compressive 

Ji amplification with a small modification to correct for 

instantaneous power-law compression; 

Fig, 11 is the ratio of describing-function gain to 
instantaneous gain for an ideal power-law transducer used to 
25 calculate the gain correction in Fig. 10; 

Fig. 12 is a block diagram of the preferred cascade 
implementation of the IWDRC transducers with basic 
memoryless transducers that are linear for small signals and 
sign-preserving power-law at large signals; 
30 ^*Sa- 13 is the first basic IWRDC transducer in Fig. 

12, with ahv^daptive compression threshold and providing the 
specified maxlrtl^m low-level linear gain correction and 
intermediate-leveiVQwer-law compression; 
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Fig. 14 shows the two nonadaptive transducers that 
provide decompression at high sound levels, and protective 
attenuation, respectively; 

Fig. 15 is the full IWDRC transducer comprising a 
cascade of the three transducers in Figs. 13 and 14; 

Fig. 16 is the adaptive IWDRC transducer from Fig. 13, 
in three different adapted states in comparison with an 
adaptive linear amplifier; 

Fig. 17 is a schematic representation of an analog 
signal implementation of a basic compressive transducer; 

Fig. 18 is a schematic representation of an analog 
signal implementation of a basic expansive transducer; 

Fig. 19 is a schematic representation of an analog 
signal implementation of a sign-preserving ideal square-law 
transducer for Figs. 17 and 18; 

Fig. 20 is a schematic representation of an analog 
signal implementation of a sign-preserving ideal cube-law 
transducer for Figs. 17 and 18; 

Fig. 21 is a block diagram of the preferred DSP 
embodiment of the hearing aid amplifier of the present 
invention; 

Fig. 22 is a flow chart for the preferred operation of 
the compression threshold controller; and 

Fig. 23 is a flow chart for the preferred response of 
each channel to the controller. 
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DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT 
As used herein, a "hearing amplification device" 
refers to a hearing aid, a hearing aid fitting device {i.e., 
a testing device used to select appropriate characteristics 
of a hearing aid for hearing impaired individual) , or a 
hearing diagnostic device. 

Fig- 1 shows a simplified block diagram of a preferred 
embodiment of a cochlear-based paradigm for hearing aid 
amplification in accordance with the present invention. One 
channel 100 is illustrated in Fig. 1, although it is 
indicated by the dashed lines that a hearing aid or 
diagnostic device may preferably be provided with a 
plurality of channels, each acting on different audio 
frequency ranges. Usually, the audio frequency ranges will 
comprise contiguous bands covering the useful audio range, 
but this may depend upon the gain correction required. 
Preferred analog and digital implementations are discussed 
in conjunction with other figures presented herewith, but 
Fig. 1 conveniently serves to explain the general principles 
and performance of the invention. In particular, the 
accompanying speech waveforms shown in Fig. 1 illustrate key 
performance benefits of the invention. 

In the amplification channel 100, a sound pressure 
signal is converted by a conventional transducer (such as a 
microphone, which is not shown) to a suitable signal that is 
applied to the channel input 102. This signal is passed 
through a bandpass filter 104 which is configured with a 
pass band in the frequency range of channel 100. Other 
channels would also have corresponding bandpass filters 
configured with pass bands matching the frequency ranges of 
their respective channels. The signal from the output 106 
of the bandpass filter 104 is applied as an input to the 
adaptive nonlinear amplifier 108, which provides 
instantaneous wide dynamic ran£e.j£Qro ^ ess.i..Qn illustrated by 
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solid line 110 which identifies the gain characteristic for 
amplifier 108 as a function of input sound level. 

The gain characteristic of the nonlinear amplifier in 
each channel is set to correct the average hearing loss of a 
5 hearing impaired individual for that channel's band of 

frequencies, and to provide compensation for loss of normal 
cochlear compression, as described in detail below in 
conjunction with other figures. A second bandpass filter 
112, similar to the first bandpass filter 104, receives the 
10 amplified output 114 of the nonlinear amplifier 108 and 
reduces undesired nonlinear distortion. Preferably, 
C3 bandpass filter 112 is tuned the same as bandpass filter 

v| 104. The amplified outputs 114 of all channels are added to 

lU form the aggregate amplified signal 116 that drives a 

3^ 15 conventional transducer (such as an earphone transmitter, 
U which is not shown) that creates an acoustic signal for the 

ear canal from the aggregate amplified signal. 
C3 Key features of the nonlinear amplifier 108 are 

fjj instantaneous sound compression, with an adaptive 

W 20 compression threshold. The design of amplifier transfer 
il functions which provide instantaneous wide dynamic range 

compression (IWDRC) is described in later figures. The 
solid curve 110 in Fig. 1 illustrates (with log-log 
coordinates) an example of a quiescent IWDRC transfer 
25 function {prior to adaptation) . Dashed line 128 identifies 
a maximally adapted response (gain=l) wherein the 
compression threshold has been upwardly adjusted to its 
maximum value - the decompression threshold 12 6. 

The transfer function illustrated by curve 110 
30 provides lin ear gain ov er r egion 120 (which is a range of 
input sound levels receiving linear gain, the upper end 
point of the range being the quiescent compression 
threshold) for amplifier inputs having a relatively low 
amplitude (an amplitude less than compression threshold 
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118), instantaneous compressive gain over region 122 (which 
is a range of input sound levels receiving instantaneous 
compressive gain, the endpoints of the range being the 
quiescent compression threshold and the decompression 
threshold) for amplifier inputs having a relatively moderate 
amplitude, and substantially unity gain over region 124 for 
amplifier inputs having a relatively high amplitude (an 
amplitude greater than decompression threshold 126) . The 
amplitude of the input signal corresponds to the sound level 
of the sound signal received by the hearing amplification 
device. Thus, the transfer function of amplifier 108 can be 
defined in terms of its response to the sound level of the 
received sound signal. 

The compression threshold 118 defines the transition 
point from substantially linear gain for relatively low 
level sound signals to substantially compressive gain for 
relatively moderate level sound signals. As explained in 
more detail below, the transition from linear gain over 
region 120 to instantaneous compressive gain over region 122 
is preferably a smooth transition (note the gradual 
compression shown by curve 110 around the compression 
threshold 118) . The compressive range (region 122) extends 
from the compression threshold 118 to the decompression 
threshold 126- The decompression threshold 126 defines the 
transition point from substantially compressive gain for 
relatively moderate level sound signals to substantially 
linear gain (in this case unity gain) for relatively high 
level sound signals. The compression shown in Fig. 1 over 
region 122 is cube root compression. 

Adaptive control of the compression threshold 118 is 
provided by the compression threshold controller 130 
(labeled ACT for adaptive compression threshold) . In a 
preferred embodiment, the controller 130 receives and 
processes an input corresponding to the sound signal 
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received by the hearing amplification device, and adjusts 
the compression threshold 118 via control signal 132 in 
response to changes in the sound signal (for example, 
changes in the RMS level of the sound signal) . The 
compression threshold may be adjusted to a value in the 
range between the initially set quiescent compression 
threshold 118 and the decompression threshold. 

Dashed curve 134 illustrates the amplifier transfer 
function resulting from an upward adjustment of the 
compression threshold from its quiescent level 118. By 
upwardly adjusting the compression threshold, the 
compressive range is reduced to the range between new 
compression threshold 136 and decompression threshold 126. 
As is apparent from Fig. 1, a decrease in the compressive 
range through upward adjustment of the compression 
threshold, increases the range of low level linear gain, 
thereby creating a wide range of input sound amplitudes that 
will receive the higher gain of the linear range (relative 
to the compressive range) . However, such an upward 
adjustment of the compression threshold will also decrease 
the magnitude of linear gain. As stated above, dashed line 
128 identifies the maximum upward adaptation allowed for the 
compression threshold. In this maximally adapted state, the 
linear gain has been decreased to unity and the compressive 
range has been eliminated. 

Control signal 132 is preferably provided to each 
channel, wherein the amplifier of each channel may process 
that control signal differently in determining how that 
channel's compression threshold should be adjusted. Figures 
22 and 23 address the creation of the control signal 132 and 
how that central signal is processed by each amplifier. 

The speech waveforms in Fig. 1 illustrate the acoustic 
effects on speech of nonlinear amplification with a six 
octave-band system (six channels) covering the audio range 
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of 125Hz to 8kHz. The speech signal 140, shown at lower 
left, is a low predictability test sentence from the 
"revised speech perception in noise" corpus (R-SPIN: See 
Kalikow, D.N., Stevens, K.N., and Elliot, L.L., Dev^elopment 
5 of a test of speech intelligibility in noise using sentence 
materials with controlled word predictability r J. Acoust. 
Soc, Am. 61, 1337-1351 (1977); Bilger, R.C., Nuetzel, J.M., 
Rabinowitz, W.M., and Rzeckowski, C, Standardization of a 
test of speech perception in noise, J. Speech Hear. Res. 27, 
10 32-48 (1984)): "Miss White won't think about the crack." 

Speech signal 140 is relatively clean (low noise) speech as 
illustrated by the almost negligible low level components of 
the speech signal. 
In Two normalized response waveforms 142 and 144 for the 

W 15 speech signal 140 are shown at the lower right; waveform 142 
C3 results from passing clean speech signal 140 through an 

U amplifier configured with the quiescent transfer function of 

C5 curve 110 having the quiescent compression threshold 118, 

[y and waveform 144 results from passing clean speech signal 

Q 20 140 through an amplifier configured with the adapted 
transfer function of curve 134 having the adapted 
compression threshold 136. The average sound level of clean 
speech signal 140 is near the middle 146 of the (abscissa) 
scale for the nonlinear amplifier, well above the quiescent 
25 compression threshold 118. 

When the amplifier 108 is configured to have the 
quiescent transfer function of curve 110, much of the speech 
signal 140 lies above the quiescent compression threshold 
118, which results in much of the speech signal 140 
30 receiving compressive gain from the amplifier. As a result, 
greater amplification will be provided to weaker components 
of the speech signal than to stronger components of the 
speech signal (due to the larger gain of the linear region - 
- the amount of gain at any point on curves 110 and 134 can 
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be determined as the Y-axis distance between that point on 
curve 110 or 134 and the point on unity line 128 sharing the 
same X-axis coordinate) . Greater amplification of weaker 
segments of a signal constitutes waveform compression. For 
5 clean speech signals, waveform compression raises the 
relative levels of weak syllables, as can be seen by a 
comparison between waveform 142 and speech signal 140. 

However, when the compression threshold is adjusted by 
controller 130 to be compression threshold 136 of curve 134, 
10 the response waveform 144 and speech signal 140 are more 

closely matched. Waveform 144 more closely matches speech 
signal 140 than does waveform 142 because when speech signal 
140 is processed according to the adapted transfer function 
defined by curve 134, a larger portion of the speech signal 
^0 15 140 receives the uniformity of linear amplification (there 

In 

|j, is a narrower compressive range) . 

C,3 Despite the differences between waveforms 142 and 144, 

b informal comparisons of the audio outputs corresponding to 

P, those waveforms by normal hearing subjects revealed little 

W 20 or no audible differences between the two waveforms. 

Severely hearing impaired subjects may benefit from this 
effect of waveform compression, because of their reduced 
dynamic range. However, the effect of waveform compression 
from nonlinear amplifier 108 behaves very differently for a 
25 noisy speech signal 150, as illustrated at the top right of 
Fig. 1. 

Noisy speech signal 150 includes 12-speaker babble 
noise, added with an RMS signal-to-noise ratio (SNR) of 8dB. 
Two normalized response waveforms 152 and 154 for noisy 
30 speech signal 150 are shown at the upper right; waveform 152 
results from passing noisy speech signal 150 through an 
amplifier configured with the quiescent transfer function of 
curve 110 having compression threshold 118, and waveform 154 
results from passing noisy speech signal 150 through an 
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amplifier configured with the adapted transfer function of 
curve 134 having adapted compression threshold 136, 

When the amplifier 108 is configured to have the 
quiescent transfer function of curve 110, as with the clean 
speech example, much of the background noise will be 
amplified a greater amount than the dominant speech signal, 
as shown by waveform 152 which illustrates poor contrast 
between the dominant speech signal and the background noise 
due to the background noise being amplified greater than the 
dominant speech signal - 

However, when the compression threshold is adjusted by 
controller 130 to be compression threshold 136 of curve 134, 
the response waveform 154 and noisy speech signal 150 are 
more closely matched because the upward adjustment of the 
compression threshold results in a wider linear range 
(albeit with less gain) and a narrower compression range. 
Because the linear range now extends to higher level 
components of the noisy speech signal 150, much more of the 
noisy speech signal 150 will receive uniform linear 
amplification, thereby preventing the background noise from 
gaining too much ground on the dominant speech signal. 

The inventor herein has determined that the 
differences in perceptual sound quality between the audio 
outputs resulting from waveforms 152 and 154 are striking. 
Thus, it is clear that adaptive control of the compression 
threshold provides improved sound quality in many 
situations, especially in situations where conversations 
occur in a noisy environment. 

An important feature of the present invention is based 
on salient functional properties of cochlear nonlinear sound 
processing, which have been extensively modeled and 
described using relatively complex designs. The present 
invention provides a major simplification in the 
implementation of cochlear-based hearing aids by using an 



37807 .doc 





w 



24 

adaptively-controlled compression threshold that is believed 
to mimic relevant aspects of normal cochlear function, while 
avoiding its complex structure- 

Fig. 2 is a foundational model from which the present 
5 invention has developed. Fig. 2 depicts a multiple band- 
pass non-linearity (MBPNL) filterbank model of cochlear 
mechanical compressive response. The model has explicit 
signaling paths 160 and 162 for the "tip" and "tail" 
components respectively of cochlear response. The "tip" 
10 path 160 is the primary signaling path in the healthy 

cochlea. "Tip" path 160 is modeled as a band-pass-non- 
linearity (BPNL) compressive amplifier, with linear response 
at low signal levels. The "tail" path 162 provides 
broadband linear signaling, which can become the dominant 
signal in the impaired cochlea, wherein loss of outer hair 
13 cell function degrades or eliminates the "tip" response. 

This latter property is the basis for understanding loudness 
Ci recruitment, and loss of normal adaptive function. 

m A key feature of the model shown in Fig. 2 is the 

□ 20 nonlinear mixing (164) between the "tip" and "tail" paths. 

The nonlinear mixing provides feedforward suppression by low 
frequency "tail signals" that can enhance "tip" processing. 
Studies have shown that nonexcitatory tail suppression 
enhances cochlear frequency-response profiles for speech 
25 signals. However, studies have also shown that at 
increasing sound levels, the tail signal can become 
excitatory and displace the desired tip signal. A second 
mechanism for modifying "tip" processing represented by the 
model, is efferent feedback-control 166 of the "tip" 
30 amplifier 168. The efferent feedback is likely to be 
intelligently controlled for the listening task, and 
sustained during interruptions of the tail signal. The 
rapid cochlear compression is modeled with two nonlinear 
transducers 170 and 172 that are memoryless, while all the 
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frequency filters Hi(co), HaCco), and HsCco) are linear (with 
memory) . 

The present invention implements the cochlear-based 
model shown in Fig. 2 with a first filter (filter 104 in 
Fig. 1) that simulates filters Hi(cd) and H3(co) identified by 
dashed box 176, a second filter (filter 112 in Fig. 1) that 
simulates H2(a)), and a nonlinear amplifier (amplifier 108 in 
Fig. 1) under adaptive control of its compression threshold 
that simulates the elements comprising dashed box 178. The 
nonlinear mixing between tip and tail signal processing 
paths is the basis for cochlear adaptive control of its 
compressive mechanical response. The transfer functions 
having the adaptive compression threshold shown in Fig. 1 
simulate the modifications produced by tail suppression and 
efferent control, and it is likely that the two functions 
normally are biophysically interdependent, whereby it is 
hypothesized by the inventor that the efferent nerve 
controls the discharge of slow outer hair cell potentials 
that are created by strong tail signals. 

In the model shown in Fig. 2 the tail signal biases 
the compressive transducer, thereby reducing the gain for 
weaker segments of the tip signal. Adaptive compressive 
amplifiers can be designed using signal-dependent biases to 
implement the properties shown in Fig. 1. The bias could be 
a nonlinearly processed, rectified and smoothed version of 
the tail signal. The "DC" tail bias would upset the odd 
symmetry of the MBPNL tip response. 

A better result is obtained with the MFBPNL model 
shown in Fig. 3, which is a more-advanced feedback version 
of the MBPNL model. The model of Fig. 3 preserves the odd 
symmetry of the tip response in the presence of "DC" tail 
signals. Except for the feedback arrangement of the 
transducers 184 and 186, all elements in the MFBPNL and 
MBPNL models are identical, as described in connection with 
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Fig, 2. However, having identified the desirable cochlear 
signal processing properties, the inventor herein has judged 
that the complex cochlear structure is not the preferred 
engineering implementation for adaptive hearing aid 
amplification. Thus, in the present invention, a signaling 
path (shown in Fig. 1), wherein the adaptive nonlinear 
amplifier is generally implemented as a cascade of simpler 
transducers, each of a form similar to the nonlinear 
transducers in the MBPNL model of Fig. 2, is used as opposed 
to a linear path and a compressive path whose outputs are 
nonlinearly mixed. 

As described above, the transfer functions of the 
present invention are linear for small signals and sign- 
preserving power-law compressive for larger signals. A 
generalized class of these functions can be defined to 
provide arbitrary rates of smooth transitions between linear 
and compressive responses. These functions f{u,u^,p) and its 
inverse f~'{u.,u^,p) are defined as follows: 




-1 



2n 



; and 



where : 



f-'{u.u,,p) = f{u,u^Mp) 
p = compression power (typically between ^ and ^, 
1/p = compression ratio (CR) , 
u = instantaneous input amplitude, 

= a normalization coefficient, 
M = an integer determining the smoothness of the 
transition from linearity to compression. 

family of merging transfer functions, in accordance 
with the pre&^Qt invention, is obtained from /(wG-,w-, ;?) , 
wherein the instant^is^ous input amplitude, u, is amplified 
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by G,-,"&R<4^by requiring the following relationship between 
G, and w, : 

The small signal gain for any C?,. is given by: 

Small Signal Gain = p^" G, , 

which approaches G,- for large n. 

alternative algorithmic implementation of the 
family ^f merging transducer functions is also provided, 
which is\referred when the basic transducer is realized 
with an optVmized analog or digital module. The module 
maintains a faxed transducer function and uses pre- and 
post-amplifica^on Ga and Gb that depend upon G, : 

G, =G„i, G„G, =G, 
Empirical consy:raints have been discovered for the 
smoothness of the tr^sition from linear response to 
compressive response. Vochlear response functions for 
simple tone signals are\ell represented with the choice of 
the smoothness parameter, V being set to 2. Pilot 
psychophysical study of spe^h intelligibility for normal- 
hearing listeners with the anVifier described in Fig. 1 
have demonstrated signif icantl)\better performance (80% vs. 
60%) when a smooth transition is\rovided between the linear 
region and compressive region (n=2\. as opposed to a sharp 
transition (a sharp transition being\a transition having a 
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discontinuous derivative) wherein 



'n' 



s large ( ,j _> oo ) . 



The sharp transition was implemented as a seamed 
function, comprising the small and large signal asymptotes, 
the small signal asymptote being the linear region and the 
large signal asymptote being the straight line approximation 
of the compressive region. Independently of the smoothness 
of the transition, it is convenient to define the 
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compression threshold for nonlinear transducer response as 
the input level at which the small and large signal 
asymptotes intersect. Thereby, the smooth transitions 
between linear and nonlinear responses in Fig. 1 are 
generalized to arbitrary smoothness. 

The asymptotic transducer (sharp transition 
transducer) is fully defined by a small signal gain, A, and 
the linear/nonlinear compression threshold Uc, as follows: 
TA{u,A,Uc,p)=A u,for\u\<Uc : 



= sgn{u)- A■U^ 



p 

, otherwise 



An explicit relation exists between the parameters of the 
asymptotic and smooth transducers as follows: 



_\_ 

G.=Ap 2" ; and 



p 



Note that the factor involving p converges to unity with 
increasing n . It will be seen that the asymptotic 
transducer is convenient for engineering design. 

A family of "best frequency" cochlear model responses 
is shown in Fig. 4. These tuned cochlear responses 
represent the most sensitive response to a pure tone at a 
given frequency. Line 200 represents the response of a 
normal cochlea; it is linear at low and high signal levels, 
and smoothly joined with a wide compressive range. Line 202 
represents the response of a mildly impaired cochlea, and 
identifies a common recruitment situation requiring 
correction of reduced sensitivity and compressive range. 
Line 204 represents the response of a moderately impaired 
cochlea. The sensitivity at lower signal levels is further 
reduced, and the compressive response is eliminated. The 
horizontal axis represents the sound pressure signal level 
in dB, while the vertical axis is a logarithmic scale 
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representing cochlear displacement in nanometers. 
Observations by the inventor herein confirms that a 
compressive breakpoint occurs in the impaired cochlea at a 
nearly fixed level that is evident from lines 200, 202, and 
5 204. This level is shown by horizontal line 206. 
pArf Vg- 5 shows the required nonlinear gain corrections, 

' for boX the mildly impaired cochlea and the moderately 

impaired\ochlea of Fig. 4. The gain correction required 
for the miWy impaired cochlea is represented by curve 208 
10 while the ga^^ correction required for the moderately 

impaired cochl^ is represented by curve 210. These curves 
S are derived froAFig- 4 by noting the horizontal distance in 

5 dB between the re^onses of the healthy and the impaired 

m cochleae at the sig5W levels in dB shown. For example, at 

I 15 20 dB SPL in Fig. 4, \rve 200, representing the response of 
£3 a healthy cochlea, shovXa displacement of about 2.5 

f=, nanometers. A gain of slWtly less than 40 dB is required 

p to provide the same displacWent for the moderately impaired 

[(i cochlea, while a gain of onlXsO dB is required for the 

B 20 mildly impaired cochlea. At 4a\dB SPL, a gain of slightly 
^* less than 30 dB is required for «^ moderately impaired 

cochlea, while a gain of 20 dB sti\L suffices for the mildly 
impaired cochlea. At about 60 dB SP\^ the gain required for 
both the mildly and the moderately imp^red cochlea is about 
25 20 dB. AS can be sent at greater SPLs,\he required gain is 
essentially the same for both the mildly ^ moderately 
impaired cochlea, and this gain diminishes ^^SPL increases, 
approaching 0 dB for levels above approximately^ 100 dB SPL. 
One significant observation, for purposes of the 
30 present invention, is that the amplification amounts needed 
for correction of different levels of impairment severity 
surprisingly merge (i.e., the amplifications become 
essentially the same) at a moderate level of amplification 
within the compressive range. In doing so, hearing impaired 
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individuals with different hearing losses may be fitted with 
similar nonlinear gains at moderate to high signal levels. 

Representative members of a preferred family of 
amplifier responses in accordance with this observation are 
shown in Fig. 6. Curve 212 in Fig. 6, which is shown for 
reference purposes only, represents the amplification gain 
that would be required for a healthy cochlear response (in 
the particular frequency band to which the curve pertains), 
which is unity across the entire range of signal levels, 
indicating that no hearing aid correction would be required, 
curve 214 represents the gain required for a mildly impaired 
cochlear channel, while curve 216 represents the gain 
required for a moderately impaired cochlear channel. Thus, 
the merging characteristics of the amplifier responses is a 
preferred characteristic of a multichannel hearing aid. 
Each of the curves 216 and 214 have a section at low signal 
levels providing a constant gain, a middle region providing 
an instantaneously variable compressive gain, and a section 
at high signal levels that provides unity gain. 

A striking similarity exists between the nonlinear 
amplifier characteristics shown in Figs. 1 and 6 . Both are 
merging families of compressive amplifier responses, with 
the compression threshold being the varied parameter among 
family members. But each figure represents a different 
aspect of the invention. Each curve in Fig. 6 corresponds 
to a possible quiescent transducer characteristic {solid 
curve) in Fig. 1. The quiescent transducer characteristic 
is chosen to (1) alleviate the average hearing loss in the 
frequency band of each channel, and (2) control recruitment 
From Fig. 6, one can determine where the quiescent 
compression threshold should be set. The dashed curves in 
Fig. 1 represent the adaptive property of the nonlinear 
amplifier, which controls the transducer waveform 
compression. By adjusting the compression threshold. 
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performance of the hearing amplification device can be 
tailored to its environment. 

Guidance for the design of the adaptive nonlinear 
amplifier is provided by a quantitative study of the 
physical effects on the acoustic response to speech caused 
by systematic shifts of the compression threshold. Fig. 7 
shows the effects of placement of the compression threshold 
on the RMS gain of the amplifier. The Y-axis plots the RMS 
gain in dB while the X-axis plots the compression threshold 
relative to the input RMS level of the received speech 
signal. As noted earlier, the compression threshold is 
defined as the level of intersection for the asymptotes for 
low-level linear response and higher-level compressive 
response. Identical nonlinear transducer functions were 
used for each channel, and the compression thresholds were 
shifted uniformly in all channels. The RMS signal level of 
the speech plus noise was 50 dB below the high-level 
transition from compressive to linear response. For 
compression thresholds below the input RMS level, the gain 
is nearly constant. In this case, the signal level 
instantaneously determines the gain. On the other hand, for 
compression thresholds above the input RMS level, the gain 
is determined by the "small-signal" linear response of the 
transducer. This gain is controlled by the compression 
threshold, as shown for cube-root (CR = 3) compression 
(curve 218) and square-root (CR = 2) compression (curve 
220) . The dashed lines represent the results simply, and 
also indicate that in the absence of high-level 
linearization in the amplifier, the attenuation with 
increasing compression threshold would continue lawfully. 

It was shown in Fig. 1 that rapid compressive 
amplification of speech in the presence of a weaker noise 
background produces an undesirable greater amplification of 
the noise relative to the speech. This degradation in the 
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contrast between presence and absence of the speech is 
quantified in Fig. 8 in terms of the ratio in dB of the RMS 
response to speech plus noise and the RMS response to noise 
alone. Curve 222 is for cube root (CR = 3) compression, and 
curve 224 is for square root (CR = 2) compression. As the 
compression thresholds are increased relative to the input 
RMS level, the contrast approaches the SNR input ratio, as 
expected from a linear amplifier, and indicating that 
contrast improves as the compression threshold is upwardly 
adjusted, but that the improvement is capped at around 20 dB 
above the input RMS level. 

A direct measure of waveform compression caused by 
rapid compression is quantified with the Peak Factor of the 
response waveform. The Peak Factor is defined as the ratio 
in decibels of the maximum amplitude of response waveform 
and the RMS amplitude of speech plus noise. It is shown in 
Fig. 9 that with an increase in compression threshold, the 
effective signal processing becomes linear, and the Peak 
Factor approaches its maximum for a compression threshold 
approximately 20 dB above the input RMS level. Curve 226 is 
for cube root (CR = 3) compression, and curve 228 is for 
square root (CR = 2) compression. 

From the physical measurements in Fig. 7-9, a 
reasonable target for setting the compression threshold 
would be in a range of approximately 5 dB below the average 
sound level and about 5dB above the average sound level, 
which holds the responses in the beneficial regions of Figs. 
7-9. That is, the gain, contrast, and peak factor are all 
at satisfactory levels in this range. In preliminary 
psychophysical experiments with normal hearing subjects, it 
was found difficult to discriminate between the settings of 
-3 and 5 dB for square root compression of noisy speech. If 
waveform compression is useful in audio amplification, then 
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even for noisy signals, some optimum adapted compression 
threshold should exist. 

The best setting is more uncertain when processing 
clean speech, as the perceived effects of compression can be 
5 minimal (with cube root compression) or inaudible (with 
square root compression) . Thus, for clean speech the 
quiescent nonlinear gain characteristic would provide 
adequate gain control with no need for adaptation of the 
compression thresholds, or the compression threshold can be 
10 adjusted between the range of the quiescent compression 

threshold to about 20 dBs below the average sound level of 
the sound signal and still provide excellent results. 

lt\hould be noted that while the effects of shifting 
compressioJKthresholds shown in Figs. 7-9 are general, the 
:n 15 detailed caliWtion of the abscissa is dependent upon the 
f* division of the\udio spectrum into separate bands in the 

T amplifier design the six-channel amplifier that was 

§ investigated, most o^the signal energy was divided among 

ry the lowest four octave B^ds . Therefore, to achieve similar 

Q 20 results, a signal channel\^^eband adaptive nonlinear 
amplifier would require over\dB greater shifts in 
compression threshold relative the input signal. 

The form of the quiescent transducer characteristic of 
the nonlinear amplifier shown in Figs. 1 and 6 is supported 
25 by considerable psychophysical data. Studies have shown 
that, at high signal levels, clinically normal listeners 
experience accelerated growth in loudness which is 
consistent with the high-level decompression specified for 
the nonlinear hearing aid amplifier on the basis of 
30 nonlinear cochlear models. However, studies of hearing 
impaired individuals indicate that reduced tolerance for 
intense sounds is common. Therefore, in the following a 
means is included in the invention to evaluate the benefit 
of decompression for hearing aid users. 
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A systematic engineering technique is next described 
for synthesizing the compressive transducer functions based 
on the foregoing. An idealized engineering specification is 
given in Fig. 10 for the required compressive gain. It is 
an idealization of Fig. 5 with the addition of protective 
attenuation at the highest levels. The independent 
variable, U, that is controlled in the signal processing 
design, is proportional to RMS sound pressure at the hearing 
aid transducer. Three linear/nonlinear transition levels 
are shown: a quiescent compression threshold at Ui (linear- 
to-nonlinear), a decompression threshold at Ua (nonlinear- 
to-linear) , and a threshold for protective attenuation at U3 
(linear-to-nonlinear) . The compressive ranges between Ui 
and U2 and above U3 obey power-law compression, that is, the 
gain is proportional to U^'K where U is the RMS input signal 
and 1/p is the compression ratio. The compression ratios 
are 3 and 4 in the intermediate and upper ranges, 
respectively. 

The gain specification is given as a function of RMS 
signal amplitude. This unambiguously specifies the required 
gain of a linear amplifier with adaptive gain control (i.e., 
conventional AGO . In contrast, the exact gain of an 
essentially nonlinear amplifier depends upon signal waveform 
as well as its RMS amplitude. In principle, it is incorrect 
to interpret the gain specification as a function of the 
instantaneous input to a nonlinear transducer. In practice, 
however, it is a reasonable approximation. A small, but not 
unique correction can be defined with the engineering 
describing-function description of a nonlinear transfer 
function, in which the fundamental response to a sinusoidal 
signal defines the system response. Using this definition, 
one finds that the describing-function gain for an ideal 
sign-preserving power-law transducer is only slightly 
smaller than the instantaneous gain (f(u)/u) of the 
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transducer, when both the RMS and instantaneous inputs are 

numerically equal. 

Thisy. relationship is shown in Fig. 11, both 
graphicallKand analytically. The slightly modified gain 
^ 5 specificati\ G' (u) shown in Fig. 10 by the dotted lines is 
f ^ obtained by mu^iplying G(U) by the reciprocal of the 

* describing-funct\pn factor, D(p): 

,VnJr(i.5 + o.5p)2''^<-''>' 

wherein f\ ) is the gamma function 
P 10 This modification is fuX^er defined as equivalent to 

shifting the nonlinear th\sholds to slightly higher values, 
iy as follows: 

I- 

S U.'=U.D(l/3)-^^\ U2'=U2D(lX3)-''^ U3'=U3D(l/4)-^^^ 

n 

r 15 

P The modified gain specif icatioi* is next synthesized as 

I a cascade of three asymptotic transducers, one for each 

W threshold in the specification, which iXi this example covers 

ti Ui, U2 and U3, as follows: 

20 TAKu, Ui') = TA(u, 100, Ui', 1/3); 

TA2(u) = TA(u, 1, U2', 3); and 
TA3 (u) = TA(u, 1, U3' , 1/4) . 
The first transducer function, TAl, provides the 
needed gain correction and the adaptable compression 
25 threshold Ui. The second transducer function, TA2, provides 
decompression at high signal levels. The third transducer 
function, TA3, provides protective attenuation at extreme 
signal levels. These asymptotic transducers each represent 
a class of transducers with different rates of transition 
30 between linear and nonlinear responses, as defined earlier. 
To explicitly add the adaptive feature to the 
transducer TAl(u,Ui'), the dependence of its small signal 
gain on its variable compression threshold, Uc, is between 
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the quiescent compression threshold, Ui', and the 
decompression threshold U2 ' - At the low end of the range 
the small signal gain will equal the specified gain Gi=100. 
At the high end of the range the small signal gain will be 
the specified gain G2=l. Within the range, the small signal 
gain A, is lawfully described by a power law, and an 
explicit formula for the adaptive transducer follows: 

A(Uc) = (U2' /Uc) ^"P; thus TAl(u,Uc)=TA(u,A{Uc) ,Uc,p) . 

Fig. 12 shows a preferred order of the cascaded 
transducers'. In particular, the first transducer 240 
provides adaptive compressive amplification. Fig. 13 
depicts the gain characteristic for TAl . In Fig. 13, curve 
250 depicts the asymptotic form for TAl, wherein a sharp 
transition is provided between linear gain and compressive 
gain. Curve 252 depicts the smooth form (n=2) for TAl, 
wherein a smooth transition is provided. Curve 256 is the 
identity function (unity gain), shown for reference. 

It should be noted that the amplification provided by 
a transducer having linear gain for inputs corresponding to 
a sound signal having a sound level less than the 
compression threshold Ui and compressive gain for inputs 
having a sound level greater than the compression threshold 
may be adequate for many hearing aid users. As such, the 
present invention need only employ the first transducer 
function, TAl. However, for additional features such as 
decompression at higher levels and attenuation at extreme 
levels, the second transducer 242 and the third transducer 

244 are useful. 

Fig. 14 illustrates the gain characteristics for both 
TA2 (curves 258 and 260) and TA3 (curves 262 and 264) . 
Curves 258 and 260 depict unity gain for inputs 
corresponding to a sound signal having a sound level less 
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than the decompression threshold Uz ' and expansive gain (at 
the inverse of TAl ' s compressive gain) for inputs 
corresponding to a sound signal having a sound level greater 
than the decompression threshold; curve 258 shows a smooth 
5 transition between unity response and expansive response 
while curve 260 shows a sharp transition (asymptotic) 
between unity response and expansive response. Curves 262 
and 264 depict unity gain for inputs corresponding to a 
sound signal having a sound level less than the attenuation 
10 threshold 03-, and compressive gain for inputs corresponding 
to a sound signal having a sound level greater than the 
attenuation threshold; curve 2 62 shows a smooth transition 
between unity response and compressive response while curve 
264 shows a sharp transition (asymptotic) between unity 
15 response and compressive response. 
}3 Fig. 15 shows the gain characteristic for the full 

W cascade of transducers, Tb-ull (shown as the output from TA2 

p in Fig. 12), wherein: 

CS Tfull = TA2 (TA3 (TAl (u, Uc) ) ) 

ly 20 Curve 266 shows the gain characteristic for Tfoll having 
F smooth transitions. Curve 268 shows the gain characteristic 

for Tfull having sharp transitions. 

It should be noted that the order of transducers in 
the cascade of transducers can be any order. However, it is 
25 preferable to place TA3 before TA2 to prevent the expansive 
region of TA2 from producing an overly large signal. In 
this configuration, Uc is the variable which controls the 
location of the compression threshold. Uc may take any 
value between Ui'and U2 ' • In Fig. 13, curve 254 illustrates 
30 the adapted gain characteristic that results from upwardly 
adjusting the compression threshold to Uc- Curve 270 in 
Fig. 15 illustrates how the change to TAl affects Tfull- As 
can be seen from Fig. 15, the gain characteristics of the 
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family of cascaded transducer functions closely resembles 
the desired gain characteristic shown in Fig. 1. 

As previously mentioned, an important property of the 
adaptive nonlinear amplification is that gain compression 
and waveform compression are independently controlled. This 
improvement over conventional adaptive linear amplification 
is illustrated by Fig. 16 which shows three settings 272, 
274, and 276 of the adaptive compression threshold for three 
different RMS signal amplitudes, along with the linear 
responses 278, 280, and 282 of an adaptive linear amplifier. 
The linear amplifier gain is specified by G(U) in Fig. 10. 
The nonlinear amplifier provides controlled waveform 
compression with the compression threshold set 10 dB below 
the RMS signal amplitude. Also, the nonlinear amplifier 
provides gain compression independently of the adaptive 
mechanism, while the linear amplifier requires an adaptive 
mechanism for this function. Linear amplification requires 
that short release times be used to provide syllabic 
compression. However, this creates a conflict with the need 
for long release times to avoid annoying amplification of 
background noise. This conflict illustrates the underlying 
problems associated with adaptive linear amplifications. 

A preferred analog implementation of a hearing aid in 
accordance with the present invention realizing the basic 
compressive and expansive transducers of Figs. 13 and 14 are 
shown in Figs. 17 and 18 as an analog signal processor 285 
(with feedback and feedforward circuits respectively) . The 
analog signal processors 285 of Figures 17 and 18 provide 
very smooth transition between small-signal linear and 
large-signal power-law responses, corresponding to a 
smoothness parameter, n, of 1 or 2 . Box 284 provides an 
expansive function, 

E{u) = u^ sgn(M)|w /M„f , 
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and is included in both circuits. Implementations of E(u) 
for m of 2 and 3 are shown in Figs. 19 and 20, respectively. 

Direct control of the small-signal gain, and the 
compression threshold is provided by the amplifier 286 in 
Fig. 17. The compression threshold is 

Different values of the gain A will generate the desired 
merging family of transducer responses (Fig. 13). Thus, 
analog gain control can be used to set both the quiescent 
gain correction (largest gain and lowest compression 
threshold) and for adapting the compression threshold. 
Alternatively, the controls can be provided with pre- and 
post-compression amplifiers, as discussed earlier. The 
basic expansive transducer in Fig. 18 provides unity small- 
signal gain, and a decompression threshold at Uq. The value 
of M„ can be chosen independently for each basic transducer 

in a cascade design. 

A preferred digital implementation of a multichannel 
hearing amplification device in accordance with the present 
invention is shown in Fig. 21. A digital signal processor 
(DSP) serves as an excellent medium in which the present 
invention can be digitally implemented. Such a digital 
signal processor can be coupled to an analog-to-digital 
converter (ADC) which provides a digital representation of 
the received sound signal to the DSP and a digital-to-analog 
converter (DAC) which provides a speaker (not shown) with an 
amplified sound signal for presentation to a user. 

In Figure 21, an analog-to-digital converter 290 
converts an analog signal corresponding to a sound signal to 
a digital signal Si[n], Si[n] being the i ' th block of a much 
longer data stream. Si[n] is a data set having a number of 
samples N. Multirate digital signal processing is 
preferably used to reduce the data processing rate well 
below that required by alternative multichannel designs with 
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uniform sampling rates. However, the present invention 
encompasses digital implementations with or without 
multirate digital signal processing. 

Multirate digital signal processing is achieved by 
5 successively halving the sampling rate for each lower octave 
channel of the hearing amplification device with a series of 
low pass and decimation filters 292, in accord with basic 

sampling theory. 

The input data set, Si[n], provided to the DSP 288 is 
10 the full audio signal sampled at the highest rate. This 
full audio signal is processed directly in the highest 
frequency channel (4-8 kHz is the preferred range) shown as 
the topmost channel 294 in Fig. 21. BPF 104 of channel 294 
is tuned with a passband matching the audio frequency range 
I 15 of channel 294. Si[n] is filtered through BPF 104, and then 
t3 the filtered signal is processed by IWDRC transducer 108 

^3 which is configured with the gain characteristic and 

P adaptable compression threshold of the present invention. 

W Thereafter, the output from transducer 108 is filtered by 

3 20 post-filter 112 as described above in connection with Fig. 

Mil The da\a set provided to the next lower channel 296 

(2-4 kHz bei\ the preferred range) is obtained by passing 
Si[n] through \lter 292 which eliminates the frequencies in 
25 the highest rang^^ (the frequency range of channel 294) by 

means of lowpass \gital filtering, and then downsamples the 
filtered data set b\ eliminating every second sample. 
Downsampled signal 29k is processed by the nonlinear 
transducer 108 of chanrNel 298, with pre- and post-bandpass 
30 filtering (EPFs 104 and \l2) . Then, the signal leaving 

channel 296 is upsampled t\ the original sampling rate by 
lowpass and interpolation fi\ter 302 and added to the output 
of the other channels. The u^ampling is accomplished by 
inserting a zero amplitude samiAe after every second sample 
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in the output of the second filter of the channel, and then 
interpolatingVthe inserted sample amplitudes using lowpass 
filtering with\mplitude scaling of 2. This scheme is 
repeated successively for each lower octave channel. The 
outputs of each ch^nel are summed through the interpolation 
filters 302 and adde^ 304 to generate the resultant 
amplified sound signal\sum [n] provided to DAC 306. 

l\ addition to the savings in data processing, the 
multiratW design allows use of identical bandpass and 
lowpass f raters 104 and 112 in all channels. Many 
conventionX techniques are available for filter design. A 
preferred deXgn uses 21 tap FIR bandpass filters (with 
I cutoff frequencies n/4 and n/2, and 22 tap lowpass filters 

iu (with cutoff freVency 0.3071), each synthesized as a 

I 15 windowed ButterwoXh IIR filter. The equalization stages 
^* 298 shown in Fig. 2\for the upper channels (all but the 

P lowest frequency chan^l 300) are delays added to provide 

g equal average group derW for the signals processed in each 

channel. Thus, a broadb^d audio signal with a well defined 
temporal epoch will be correctly reconstructed in a similar, 
but delayed, time window in\he multichannel output Sum[n] . 
in an alternative design with\ single channel broadband 
compressive audio amplifier, a\^near phase filter design is 
preferred. 

25 In the preferred digital implementation, the 

transducers 108 are represented as a stored program that 
computes the transducer algorithms described earlier. The 
simplest algorithm found satisfactory to the user (in 
clinical tests) should be used, which necessarily includes 
the basic compressive transducer with a controllable 
compression threshold (Uc) • 

The compression threshold controller 130 of the 
present invention is designed to provide "intelligent 
control" of the compression threshold for the transducer in 
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each channel of the multichannel amplifier. "Intelligent 
control" refers to two aspects of the design: (1) 
adaptation in response to a user input, and (2) adaptation 
in response to changes in the received sound signal (signal 
knowledge) . It is presumed that similar functions exist in 
the normal cochlea through efferent feedback from the 
brainstem, which is degraded or absent in the impaired 
cochlea . 

The basic controller design monitors the input signal 
Si[n] to implement feedforward control as indicated in Fig. 
1. A feedback input to the controller, shown as dashed line 
308 in Fig. 21, represents an alternative implementation 
that monitors both input and output for more intelligent use 
of signal knowledge, as will be described in conjunction 
with Fig. 22. However, the feedback input is an optional 
feature. In a simpler embodiment, the controller 130 
monitors the digital representation Si[n] of the received 
sound signal to estimate an RMS level for the sound signal 
and then adjusts the compression threshold accordingly. 

Preferably, the present invention provides intelligent 
control through three operating modes available to the user. 
These three operating modes include: (1) adaptive 
compression threshold (ACT) "off", 2) ACT "on" under 
processor control, 3) ACT temporarily "locked" by the user 
to an adapted operating state above quiescent. The 
controller should be switchable between those three 
operating modes, either in response to a user input, or 
automatically in response to processing of the input signal 
Si[n] or output signal Sum[n] to determine which mode is 

30 appropriate. 

Under the first operating mode ("off"), the controller 
130 maintains the compression threshold at its quiescent 
level (essentially, the controller either does not adjust 
the compression threshold, or sets the compression threshold 
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back to its quiescent level) . The first operating mode is 
useful when listing in a search mode for a desired sound 
signal in the acoustic environment. 

Under the second operating mode ("on"), the controller 
130 adjusts the compression threshold in response to changes 
in the sound signal, preferably as shown in the flowchart of 
Fig. 22. The second mode is generally useful when 
initiating different conversations in a noisy environment. 

Under the third operating mode ("locked"), the 
controller locks the compression threshold at its current 
level. The third mode is useful when the conditions of a 
conversation are fixed, and no interest exists in the 
ambient acoustic environment, or when the user has found 
that the current compression threshold provides comfortable 
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in Fig. 21 it is shown that the same control signal Y 
^3 is sent to each channel by the controller 130. This control 

S signal Y is constant for the "off" and "locked" modes, and 

I time varying for the "on" mode. The generation and 

W 20 application of the control signal are described in Figs. 22 
P 

il and 23, respectively. 

The preferred algorithm for the second operating mode 
(the "on" mode) is shown in Fig. 22, in the form of a 
program flowchart. The goal of this design is to estimate 
25 the RMS level of a speech signal and to provide a control 
signal to the transducers relatively quickly that is 
proportional to the average sound level of the speech 
signal. It is preferred that the control signal be 
relatively steady in response to temporarily minor 
30 fluctuations in speech in order to prevent a "knee jerk" 
reaction to normal fluctuations in speech, wherein brief 
pauses in conversations result in overamplif ication of 
background noise because the compression threshold has been 
prematurely reduced. 
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T?harefore, it is desirable that the compression 
thresholdSnot be reduced until the signal's average sound 
level dropsSby a triggering amount, which identifies the 
when a need eWsts to drop the compression threshold to 
adapt to a quieKer environment. However, it is also 
desirable that th^^compression threshold quickly track 
increases in the soWi signal's average sound level to 
minimize overamplif ic^ion of background noise. The 
flowchart describes howS^hese goals are accomplished. 

At step 1000, two variables X (the signal indicator) 
and I (the release time counter) are initialized to zero. 
Next, at step 1002, the controller receives signal block 
Si[n] which is an N bit long (n = 1:N) digital 
representation of a portion of the sound signal. The value 
of N may be different for different signal blocks. "X" 
represents the present estimate of the maximum amplitude of 
the signal block Si, and "I" represents a count of the 
number of signal blocks processed by the controller since a 
determination has been made that a decrease in signal peak 

10 is significant. 

At s\p 1004, controller determines the peak (maximum 
magnitude) \ of signal block Si[n] . X^ will be the sample 
of Si[n] havirV the largest amplitude. Next, at step 1006, 
the controller\ill sort Xi with respect to the currently 
stored value of X Essentially, the controller will 
determine (1) whetHfer the peak is increasing from the stored 
peak (is Xi > X?), (X whether the peak is decreasing an 
insignificant amount \s pX < Xi < X?), and (3) whether the 
peak is decreasing a significant amount, that is, decreasing 
30 by a triggering amount (isS^i < pX?) . The parameter p is 
used to control the triggeri\q amount. Preferably, 0<p<l, 
and more preferably p is set eej^al to i^. 

After determining at step 1006 how strongly the peak 
of Si[n] has fluctuated from the peak confirmed for Si-i[n], 
aieoT .doc 
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the controller proceeds to either step 1008, 1010 or 1012 
depending upon the sorting result. Step 1008 is reached 
when Si is greater than X. At step 1008, X is set equal to 
Xi so that the stored peak value immediately tracks 
increases in peak (allowing the compression threshold to 
quickly track increases in sound level) . Also, I is reset 
to zero; the role of I will be more fully explained below. 

Step 1012 is reached when step 1006 results in a 
determination that while the peak of the sound signal may be 
decreasing, it is decreasing by an insignificant amount 
which does not require an adjustment of the compression 
threshold. AS such, at step 1012, the current value of X is 
retained (Xi is ignored), and I is set to zero. 

Step 1010 is reached when step 1006 results in a 
determination that Xi has decreased from X beyond a 
triggering amount (set by the value for p) , thereby 
indicating that a decrease in the compression threshold may 
be needed. However, to avoid a situation where the 
compression threshold is prematurely decreased (which may 
cause an undesired overamplif ication of background noise, 
such as may occur with a brief pause in a normal 
conversation during which the peak value of the signal will 
briefly decrease before increasing again) , the controller 
implements a compression threshold release time using the 
variable M. M represents the release time for compression 
threshold reductions. Preferably, the value for M is chosen 
such that it equals the floor (integer dividend) of the 
expected duration of pauses in speech divided by the 
duration of each block. A two-second pause is a good 
indicator for expected pauses, and preferably M is set to 
correspond to a two-second pause. When Xi continuously 
decreases by the triggering amount for successive signal 
blocks for the duration of the release time, the compression 
threshold will be reduced. 
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To implement this plan, the release time counter I is 
incremented at step 1010. Then, if the release time counter 
I has reached the release time M, then at step 1014, X is 
reduced to oX, wherein a < 1 (preferably o = 0.7) . Also, 
the release time counter is reset to zero. If step 1010 
determines that the release time counter I is less than the 
release time M, then at step 1016, the current value for X 
is retained, and the current value for I is retained (the 
controller will wait for subsequent signal blocks to 
determine whether a compression threshold reduction is 
needed) . 

Step 1018 is reached from steps 1008, 1012, 1014, and 
1016. At step 1018, the control signal Y that is supplied 
to the transducers of each channel is set according to the 
formula Y = X/K. K is a correlation factor for the 
relationship between peak value and RMS value. That is, the 
RMS value of the signal can be estimated by dividing the 
signal peak by K. Experimentation has resulted in a 
determination that K = 7 (15 dB) is a preferable peak/RMS 
correlation factor. 

Thus, from steps 1012 and 1016, the estimated RMS 
value of the sound signal will not change because X was 
retained at its current value (control signal Y will remain 
the same). From step 1008, the estimated RMS value of the 
sound signal will be increased because X was increased to Xi 
at step 1008 (control signal Y will increase) . From step 
1014, the estimated RMS value of the sound signal will 
decrease because X was decreased at step 1014 (control 
signal Y will decrease) . 

From step 1018, the controller returns to step 1002 
where the next signal block Si^i[n] is processed (at step 
1020, the value for i is incremented) . 

The control signal Y is presented to each channel, and 
each channel will independently adjust its compression 
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threshold in response to Y. The action taken at each 
channel is constrained by its quiescent compression 
threshold, Ui, and its decompression threshold, U2 . While 
it is preferable that U2 be the same for each channel, each 
channel may have a different Ui . 

Fig. 23 depicts a flowchart identifying how each 
channel preferably adjusts its compression threshold in 
response to Y . It will be evident that the control strategy 
in Figs. 22 and 23 shifts the compression thresholds to 
target effectively linear transducer processing of 
conversational speech with sustained sound pressure levels. 
From Fig. 1 it is evident that this is an adequate strategy 
for clean as well as noisy speech. Little is known of the 
potential benefits of waveform compression with respect to 
increasing the audibility of weak syllables in clean speech, 
as illustrated in Fig. 1. 

AS shown in Fig. 23, at step 1022, the control signal 
Y is received by the channel. At step 1024, Y is sorted 
relative to Ui (quiescent compression threshold) and U2 
(decompression threshold) . The range of Ux to U2 represents 
the permissible range between which the compression 
threshold may be adjusted. If Y is less than or equal to Ux 
(indicating that the estimated RMS value of the sound signal 
is below the quiescent (minimum) compression threshold) , 
then the adjusted compression threshold Uc is limited to its 
minimum value of Ux (step 1026) . If Y is greater than or 
equal to U2 (indicating that the estimated RMS value of the 
sound signal is above the maximum compression threshold) , 
then the adjusted compression threshold is limited to its 
maximum value of U2 (step 1028). If Y is between Ux and U2 
(Ui<Y<U2), then the adjusted compression threshold is set 
equal to Y (step 1030), thereby allowing the compression 
threshold Uc to closely track the estimated RMS level of the 
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sound signal as desired from an investigation of Figs. 1, 7, 
8, and 9. 

The present invention is capable of adjusting the 
compression threshold in response to changes in the sound 
5 signal other than changes in estimated RMS value. For 

example, a more complex controller strategy involving the 
feedback suggested in Fig. 21 provides an alternative 
strategy for the study of controlled waveform compression. 
The alternative strategy would be based on the knowledge of 
10 properties of compressed speech in steady babble noise, as 
shown in Figs. 8 and 9 . Both peak and RMS amplitudes would 
be measured at the input and summed output of the DSP. 
Babble and conversational speech from a single speaker are 
readily distinguished at the input from estimates of peak 
5 15 factor (see Fig. 9) . This enables measurements of the 
J'3 contrast at the input and output. The setting of the 

P compression threshold will determine the degree of contrast 

O loss. Adaptive control of the correlation factor K in Fig. 

W 22 can target a desired loss of contrast due to waveform 

y 20 compression. For example, little or no audible benefit 

exists for contrasts greater than 30 dB. Hence, inputs with 
contrasts exceeding 30 dB can be compressed to provide 
output contrasts no less than 30 dB. Input contrasts less 
than 30 dB can be compressed with little or no audible 
25 effect if the contrast is decreased by no more than 1 dB. 

It will thus be seen that the inventive hearing aids 
described herein provide qualities of signal amplification 
heretofore unknown to the art. A maximum sensitivity to 
weak signals is provided, while instantaneous gain 
30 compression protects the inner ear from uncomfortable sudden 
intense sounds, which can occur too rapidly for effective 
gain compression with conventional AGC. Furthermore, 
disturbing overamplif ication of unwanted background sound is 
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avoided by adaptive control of waveform compression in 
accordance with the invention. 

Moreover, systematic audiological testing is made 
possible by providing a hearing aid in conjunction with a 
diagnostic device, wherein both are derived from advanced 
audiological models. Such models reduce to a minimum the 
adjustments that may be required for hearing aid fitting, 
including the setting of gain for a single gain element in 
each frequency channel, while essentially eliminating the 
need for manual gain control. Thus, it will be seen that 
the various objects of the invention are achieved and other 
advantageous results are obtained. 
J The devices of the present invention may be used for 

diagnostic purposes, and for determining parameters of 
hearing aids to be fitted on individuals with impaired 
hearing. For example, the device of Fig. 21 may be used as 
G follows: First, an audiogram of a patient with impaired 

13 hearing is obtained by standard means and compared with a 

ip standard audiogram. Next, the patient's maximum comfortable 

i 20 level for intense sounds is determined. The difference 
between the maximum comfortable level of the patient (in 
various frequency bands) and the patient's audiogram is the 
maximum impaired dynamic range. The difference between the 
maximum comfortable level of the patient for intense sounds 
25 and the normal audiogram is the normal dynamic range. The 
ratio of the normal dynamic range to that of the impaired 
dynamic range is the amount of compression that is required. 

Once the required amount of compression is determined, 
a choice of d (the amount of low level gain needed at low 
signal levels) and p (the compression power) is made, based 
upon and in accordance with the models used in this 
invention, to produce the required compression. Gi can be 
directly determined by the measured loss of sensitivity, 
while p can be selected from the values 1/2, 1/3, and 1/4, 
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subject to further testing for patient preference. The 
instrument of Fig. 21, which would be provided with controls 
or a keyboard to input the required frequency bands and the 
values of Gi and p for each frequency band for simulation 
purposes, is then adjusted to produce the required amount of 
compression determined in the above steps. 

l\is preferred to choose a common compression ratio 
(1/p) foKall of the channels, so that the quiescent 
transduceXresponses for the different channels merge at 
high SignalVevels, while differing at low levels only in 
the compressiWi threshold determined by G^. The smallest 
compression raVo should be chosen from among the values 2, 
3 and 4, to provide the range compression needed for signal 
frequencies of o\ 1.0 and 2.0 kHz. These frequencies are 
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in 15 found to be most imVrtant for speech communication. 

Greater hearing loss\ at other frequencies should be 
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corrected only to the Went possible with the chosen 
~ compression ratio. Compensation should be included for the 

m loss of normal f ree-f ieldVcoustic amplification by the 

20 outer caused by use of standard earmolds or insert 
a earphones. A preferred comp^sation provides a constant 14 

dB gain emphasis for the 2-4 kH^ channel relative to the 

other channels. 

An audio test is then performed with signals being 
25 presented at the input of the device, which are amplified in 
accordance with the parameters that are provided, with the 
resulting audio output being provided to the patient. If 
the patient communicates that he/she has perceived the 
results as being satisfactory, a hearing aid may be provided 
to the patient in accordance with the gain, compression 
threshold, and compression power determined. Otherwise, the 
values of d and p can be adjusted until empirically 
satisfactory results are obtained. Once d and p are 
determined, these can be used in the hearing aid amplifier 
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design in accordance with either the analog or digital 
implementations described herein, or their equivalents. 
Preferably, one or both of these parameters may be 
externally adjustable for each in fitting and for 
5 accommodating future hearing impairment changes, if 

necessary. The nature of the adjustments for the inventive 
hearing aid are particularly suited for compensating such 
changes, because of their basis in the cochlear models. 

It will be noted that the inventive devices described 
10 herein may be advantageously employed as a research tool to 
explore various forms of patient hearing loss and 
appropriate corrective parameters. 

Inasmuch as various changes and modifications to the 
B embodiments described above may be made without departing 

% 15 from the scope of the invention, it is intended that the 
2 description and drawings be considered as illustrative 

C3 rather than limiting. 

L For example, the present invention may also be 

CO implemented in a hearing amplification device wherein the 

fg 20 compression threshold controller switches between two or 
S more predetermined compression thresholds in response to 

^* either signal knowledge or user input to adapt the device to 

various types of environments (noisy, quiet, etc.). For 
example, a first compression threshold can be set for 
25 optimal results in a quiet environment and a second 

compression threshold can be set for optimal results in an 
expected noisy environment, and the controller can be 
configured to allow switching between those two compression 
thresholds depending to its environment. 
30 Also, as briefly mentioned above, the adaptable 

compression threshold control can be manual (adjustable in 
response to a user input) rather than automatic. Such a 
feature would allow a user to tune the hearing amplification 
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device to a setting that is chosen as appropriate by the 
hearing amplification device user. 

It will also be apparent that one may realize certain 
of the objects of the invention without realizing all of 
them in various less preferred embodiments that fit within 
the scope and spirit of the invention, but which may not 
necessarily be presented as example embodiments herein. 
Therefore, the scope of the invention should be determined 
by reference to the claims appended below in view of the 
disclosure, including any legal equivalents thereto. 
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